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Summary 

In p. cm. sound-signal systems the noise heard at the output of the system when 
no programme signal is present at its input is known as idle-channel noise. 

This report describes a theoretical investigation of idle-channel noise and presents 
the results of measurements made on the BBC 13-channel p. cm. sound-signal trans- 
mission system and on a BBC Research Department experimental p. cm. coder and 
decoder. 

The amplitude probability distribution and power-density spectrum of idle- 
channel noise is theoretically derived assuming thermal noise at the coder input; the com- 
plication of introducing dither as used in the BBC 13-channel p.c.m. sound-signal multi- 
plex system is included. It is found that the statistics of the idle-channel noise, with or 
without dither are not Gaussian and show strong dependence on the statistics of the noise 
present at the coder input. Because of this, the theoretical estimation of idle-channel 
noise in real equipment is concluded to be very complex and the results highly dependent 
upon the assumed values of instrumental imperfections such as thermal drift and hum. 
Although the spectrum of idle-channel noise is expected from the theory to be essentially 
flat for equipment both with and without dither, in practice the presence of quantised 
hum in the idle-channel noise weights the spectrum. For measurement purposes the idle- 
channel noise cannot thus be assumed to be white. 

The results of the measurements show satisfactory agreement with those pre- 
dicted from the theory. The best assessment of the subjective annoyance caused by idle- 
channel noise is given by measurements performed with a peak-reading meter preceded 
by a noise-weighting network. It is not, however, possible to define generally useful con- 
version factors between the measurements thus obtained and the true r.m.s. value 
(spectrally weighted or unweighted) of the idle-channel noise. 
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IDLE-CHANNEL NOISE IN P.C.M. SOUND-SIGNAL SYSTEMS 
S.R. Ely, Ph.D., B.Eng. 



1. Introduction 

In an ideal pulse-code-modulation (p.c.m.) sound-signal 
transmission system the output of the system when no in- 
put signal is applied would be zero. In practical systems, 
however, small perturbations at the input to the analogue- 
to-digital converter (a.d.c.) due to thermal noise, mains 
hum and d.c. drift cause non-zero data words to be 
generated in the a.d.c. The result of this may be heard at 
the output of the digital-to-analogue converter (d.a.c.) as 
noise. This form of noise is referred to as idle-channel 
noise. 

Idle-channel noise occurs in a p.c.m. sound-signal 
transmission system when the wanted signal at the input to 
the a.d.c. has an amplitude smaller than one quantum step. 
Under these circumstances the output of the d.a.c. depends 
less upon the a.d.c. input signal than on the distance of the 
quiescent input level from the nearest quantising threshold. 
If the quiescent input level lies exactly mid-way between 
quantising thresholds then it is possible that small fluc- 
tuations in the a.d.c. input signal will not traverse any 
quantising threshold and the d.a.c. then gives a constant 
output level. At the other extreme, if the quiescent input 
level coincides with a quantisation threshold then any small 
fluctuation will cause the threshold to be traversed and the 
a.d.c. output data will change; the noise at the d.a.c. out- 
put is then observed to have a mean square value signifi- 
cantly larger than that of quantisation hiss. In practical 
p.c.m. sound-signal transmission systems thermal drift in 
the d.c. level at the a.d.c. input causes the observed idle- 
channel noise to vary slowly between these two extremes 
so that bursts of noise are separated by comparatively silent 
intervals. 

In this report methods are presented which enable 
idle-channel noise to be estimated in terms of the statistical 
distribution of its instantaneous amplitudes and its power- 
density spectrum. The complication introduced by the 
use of dither is included in the analysis and the effects of 
de-emphasis at the d.a.c. output are considered. Results of 
measurements of idle-channel noise in a p.c.m. high quality 
sound-signal transmission system are also presented. 



2. Quantising noise at different programme signal 
levels 

In a p.c.m. transmission system the analogue input is 
quantised into a finite number of discrete amplitudes. 
Through this quantising process the instantaneous output 
signal differs from the input signal by arbitrary amounts of 
up to half a quantising step. Hence the fewer quantising 
levels explored by the input signal the greater the percent- 
age distortion of the reconstituted output signal. 

When the input signal excurses sufficient quantising 
levels in a high-quality p.c.m. sound-signal system (i.e. with 



10 or more bits per sample) the distortion sounds like 
white Gaussian noise added to the signal. This form of 
noise is referred to as quantising hiss. 

If a change of one quantum step in the code at the 
input to the d.a.c. results in a change of level of A volts at 
the output, then it may be shown (Appendix I) that the 
mean square value of the quantising hiss is A 2 /12 (V 2 ). 
Except in the case of periodic signals, the spectrum of the 
quantising hiss shows little dependence on the input signal. 
For quantised random signals, sampled at a frequency 
greater than and close to twice the maximum permitted 
input signal frequency, the spectrum of the quantising hiss 
is almost uniform (i.e. white). 

When the input signal excurses only a few quantising 
levels, as occurs when the programme signal levels are 
extremely low, towards the end of a slow fade for example, 
the audible nature of the quantising noise changes from a 
steady hiss to become more sporadic and noticeably modu- 
lated by the programme. With very small signals there is 
clearly audible distortion and the quietest passages contain 
gaps when the signal lies midway between two quantising 
levels. The wide range of audible distortions, which occur 
with low-level signals, are termed granular distortion. 
Granular distortion can be reduced substantially by the 
addition of small agitating signals (dither) at the input of 
the system. 

When there is no programme input to the p.c.m. 
system the channel is said to be idling and the form of 
noise then heard at the output of the system is referred to 
as idle-channel noise, as described above in Section 1. 
Under these circumstances the input signal level cannot be 
assumed to have a uniform probability of lying at different 
levels within one quantum step, which is the underlying' 
assumption in the calculation of the mean square value of 
the quantising hiss in Appendix I. 

If there is no programme input to the a.d.c. then the 
instantaneous signal level at the input to the a.d.c. is deter- 
mined by the sum of the d.c. level, thermal noise, mains 
hum, and the dither waveform, if present. In practical 
a.d.c.s the d.c. term tends to dominate over the other terms 
and the probability density function of the instantaneous 
amplitudes is peaked about this d.c. level. If the peak of 
the probability-density function coincides with a quantising 
threshold then the threshold will be frequently traversed 
and the idle-channel noise will attain its maximum value. 
If the peak of the probability-density function lies midway 
between two thresholds, then the frequency with which a 
threshold is traversed will be small and the idle-channel 
noise will be at a minimum. 

Thermal drift of the d.c. level will cause the idle- 
channel noise to vary slowly between its extreme values. 
Mains hum will modulate the idle-channel noise resulting in 
bursts of noise which has a basic periodicity of 20 ms (for 
50 Hz mains frequency). 



(EL-135) 



Thecomposite dithersignal (a half sampling-frequency 
square wave with peak-to-peak amplitude equal to half a 
quantum step plus a low-level white Gaussian noise com- 
ponent) has insufficient amplitude to dominate over the 
quiescent d.c. level at the a.d.c. input and thus does not 
completely randomise the amplitudes of the quantising 
errors for very small or zero input signal levels. It does, 
however, go some way towards this, and hence results in a 
more constant and less subjectively objectionable idle- 
channel noise. 

Rigorous analyses of quantisation processes exist, 
which are able to encompass quantising hiss, granular dis- 
tortion and idle-channel noise in a unified theory. Un- 
fortunately these analyses are rather complex and difficult 
to relate to the observed and measured effects of quantising. 

A simpler approach is the heuristic one of considering 
separately the cases of large, small, and zero programme 
signal levels, making approximations in the analysis appro- 
priate to the particular conditions under consideration. 
This is the approach to be adopted here in analysing idle- 
channel noise, and good agreement is found between the 
predictions made by this simple theory and measurements 
made on real equipment. 



input. Here Gaussian white noise alone will be assumed at 
the a.d.c. input. It is realised that this is not the case in 
practical codecs but is used here since: 

(a) It greatly simplifies the analysis because Gaussian 
statistics are mathematically tractable. 

(b) When all other instrumental imperfections are re- 
moved Gaussian white noise (Johnson noise) will 
always remain. 

(c) The qualitative features of idle-channel noise pre- 
dicted with this assumption show satisfactory agree- 
ment with those of idle-channel noise in real systems. 

3.2. Theoretical analysis of idle-channel noise in systems 

without dither 

Two processes are involved in converting an analogue 
signal to p. cm. form, namely, quantisation (of signal ampli- 
tudes) and sampling (time quantisation). Conceptually, 
the order in which these take place is immaterial and here 
quantisation of the noise at the a.d.c. input will be con- 
sidered first. 



3. Theoretical analysis of idle-channel noise 
3.1. General considerations 



With the above assumption of Gaussian white noise at 
the a.d.c. input the probability of instantaneous noise 
amplitudes greater than or equal to a value |3 is given by 



The objective of the analysis to be presented is to give 
insight into the processes involved in the generation of idle- 
channel noise rather than to give accurate predictions of 
the idle-channel noise in real systems. The latter is made 
very difficult by the strong dependence of idle-channel 
noise on instrumental imperfections such as mains hum. 
This is in complete contrast to quantising hiss which, in 
theory at least, is independent of the detailed instrumen- 
tation of the system. Nevertheless the analysis is able to 
predict many of the features observed in idle-channel noise 
in real systems and the insight given by the theoretical 
analysis is important in assessing measurement techniques. 

A prerequisite of the analysis is that details of the 
statistics of the noise at the a.d.c. input must be available. 
Here there are two problems; the first concerns the defi- 
nition of idle-channel noise; the second is that the input 
noise statistics are in general very complex in real equip- 
ment. 

So far as defining idle-channel noise is concerned the 
problem is what portion of the programme chain to con- 
sider; if the chain up to the codec input is included it is 
clear that the noise will have greater power than if the 
noise generated in the codec alone is considered. For the 
purposes of this report it is assumed that the input to the 
codec is terminated so that the noise at the a.d.c. input is 
generated solely in the analogue input stages of the codec. 

Because of the great variation of noise statistics from 
one codec to another there is little value in attempting a 
detailed estimate of the complex noise statistics at the a.d.c. 



Prob (K>0)= 1 -# - 



where 



and 



<*>(*) = 



-a. 



9 

e^ dt 



(1) 



(2) 



a = r.m.s. value of the noise 



Now with d.c. offset h at the a.d.c. input the nearest 
quantising threshold lies at a distance j3 = A/2 — h volts 
from the quiescent input level (see Fig. 1). Thus substitut- 
ing for (3 in Equation (1) yields the fraction of the time that 
the noise signal lies above the nearest quantising threshold. 
Proceeding in this way to substitute |3 = (« + Vi) A — h 
(where n is a positive or negative integer) the cumulative 
probability distribution of the instantaneous amplitudes of 
the quantised noise is obtained. 

Taking differences in the cumulative probability dis- 
tribution yielded by Equation (1) gives the probability- 
density function of the amplitudes of the quantised noise. 
This discrete probability-density function gives p n the 
probability of a noise sample of amplitude n (where n is a 
positive or negative integer) and has the form shown in 
Fig. 2 of a delta function at zero volts and at intervals of 
A volts on either side. The mean of the instantaneous 
amplitudes of the quantised noise is given by: 
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This is the d.c. component of the quantised noise waveform. 



The mean square value of the quantised noise is given 



by: 



E 2 



p„{nA -n) 7 



which is the variance of the amplitude probability-density 
function of the idle-channel noise samples. 

The values of ju and E 2 thus calculated give directly 
the mean value (i.e. d.c. component) and mean square value 
of the quantised, but as yet unsampled, idle-channel noise. 

The sampling process must now be considered. The 
spectrum of the unsampled quantised noise extends far 
beyond the signal spectrum because infinitely abrupt transi- 
tions between quantising levels must be assumed. Thus 
when the quantised noise is sampled (at co s ) the sampled 
and quantised noise comprises a large set of aliasing com- 
ponents 6 which repeat periodically with frequency interval 
co s . The sampled and quantised noise power of interest is 
that portion lying in the Nyquist frequency band to gj s /2 
(assuming that the output filter passes components within 
this band). The noise power in this band may be regarded 
as being composed of those components of the unsampled 
noise which lay in this band plus the components above 



o_> s /2 which are now aliased down into this baseband width. 
Thus it is found that the total sampled quantised noise 
power in the Nyquist bandwidth is equal to the total 
unsampled quantised noise power (within infinite band- 
width). This result has been established by various 
workers* 1,6 and is derived in Appendix II for the particular 
case of idle-channel noise in equipment not using dither. 

Thus it is shown that Equations (3) and (4) give 
directly the d.c. level and mean square value of the idle- 
channel noise measured in the Nyquist bandwidth at the 
d.a.c. output. Provided that the noise processes at the a.d.c. 
input contain no strong periodic components the spectrum 
of the quantised noise before sampling may be expected to 
be uniform and thence the spectrum of the quantised noise 
after sampling will also be essentially flat. A different 
approach is required, however, when there are strong com- 
ponents at w s /2 and its multiples, as when dither is used. 

Using the above analysis for a system with 13 bits per 
sample, and assuming noise corresponding to --86 dB 
(unweighted) relative to peak signal at the a.d.c. input, the 
mean square value of the idle-channel noise was calculated 
for -A/2<h < A/2. The results of this calculation are 
presented as curve (a) in Fig. 3. It should be noted that the 
maximum mean square idle-channel noise is found to occur 
for h = ±A/2 (i.e. when the quiescent level coincides with a 



Appendix 1 in Bennett's 1948 Paper derives this result for quan- 
tising noise and points out what limitations must be imposed on 
the noise signal for this result to be valid. Briefly the noise must 
not contain any discrete frequency components at multiples of 
wJ2 or which differ by multiples of u> s /2. 



(EL-135) 



-3 



< 



O 

c 

"I 

(-' 

o 

o 

I 
m 



o 
n 
cr 
en 

c 
u 
<u 

E 







d.c. offset, h 



Fig. 3 - Idle-channel noise as a function of quiescent level 



quantising threshold) where a value close to A 2 /4 is pre- 
dicted. This result remains true for all low noise levels at 
the a.d.c. input (i.e. less than approximately -70 dB 
(unweighted) relative to peak signal) but the mean square 
value of the idle-channel noise for all other values of 
h ¥= ±A/2 is strongly dependent on the noise level at the 
a.d.c. input. 

3.3. Theoretical analysis of idle-channel noise in systems 
with dither 

In the BBC p. cm. high-quality sound-signal distri- 
bution system dither is used, primarily to render less 
audible granular distortion at very low programme signal 
levels. The dither waveform consists of a half-sampling 
frequency square wave with peak-to-peak amplitude equal 
to half the quantising step of the a.d.c, plus bandlimited 

Gaussian white noise with an r.m.s. value equal to 0-18 of 

• • 4 

a quantising step. 

Because of the half-sampling frequency component, 
the idle-channel noise power in the Nyquist band cannot be 
calculated from the quantised noise prior to sampling, as it 
was in the case without dither (see Section 3.2). The 
approach adopted was thus to derive the power-density 
spectrum of the idle-channel noise directly and then calcu- 
late the integrated noise power in the Nyquist (half-sampling 
frequency) bandwidth. For the purposes of this analysis it 
was assumed that components at half-sampling frequency 
and above are removed completely by low-pass filtering. 
Details of the analysis are given in Appendix III. 



The analysis of Appendix III was used to calculate 
the mean square value of the idle-channel noise in a system 
with 13 bits per sample, for d.c. offsets in the range 
—A/2 </z < A/2 and assuming a Gaussian white noise level 
of —86 dB (unweighted) relative to the peak signal, at the 
a.d.c input (in addition to that deliberately added as a 
component of the dither). 

The results of this calculation are presented in Fig. 3 
as curve (b). Because the assumed thermal noise at the 
a.d.c. input is the same as for the case without dither 
(curve (a)) the effect on the idle-channel noise may be seen 
directly by comparing the two curves of Fig. 3. 

The principal effects of introducing dither may be 
seen to be: 

(i) The mean square value of the idle-channel noise varies 
much less with varying offset h when dither is used. 
Without dither the variation between the minimum 
mean square value (at h = 0) and the maximum (at 
h = ±A/2) is about 12 dB. With dither the variation 
is reduced to approximately 2-9 dB. 

(ii) The worst-case value of the idle-channel noise (at 
h = ±A/2) is reduced by approximately 2-3 dB. 



(iii) The minimum value of the idle-channel 
increased about 7-0 dB by dither. 



noise is 



The analysis predicts that the power density spectrum 
(across the audio band, and excluding a> s /2) of idle-channel 
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noise in a system with dither is the same as that in a system 
without dither, i.e. essentially uniform for all offsets, h. 
This, however, is based on the assumption of Gaussian 
white noise at the a.d.c. input. Noise with strong periodic 
components will weight the spectrum. 

If the mathematics of the analysis in Appendix III 
look formidable an insight into the reasons for the above 
result may be gained as follows. 

When the input offset A = ±A/2, so that the quiescent 
input level coincides with a quantising threshold, the half- 
sampling frequency square wave component of the dither 
displaces the input level to +A/4 and -A/4 from the thres- 
hold on alternate samples. This results in a strong half- 
sampling frequency component in the idle-channel noise 
but this is removed by filtering at the d.a.c. output. 
Thermal noise, however, can now only cause additional 
threshold transitions when its amplitude exceeds ±A/4 at 
the sampling instant, whereas without dither and with 
h = ±A/2 the thermal noise would cause repeated threshold 
crossings with the input level jittering equally either side of 
the threshold. Thus the worst-case idle-channel noise is 
reduced by the addition of dither. 

On the other hand, when h = the quiescent input 
level without dither is ±A/2 from a quantising threshold 
and hence threshold transitions are comparatively rare. The 
introduction of dither moves the input level to only A/4 
from the adjacent thresholds, and thus increases the fre- 
quency of threshold transitions; an effect which is empha- 
sised by the Gaussian noise component of the dither which 
effectively increases the total noise power at the a.d.c. in- 
put. Thus the minimum value of the idle-channel noise is 
increased by the addition of dither. 

The use as a dither signal of a multilevel signal derived 
from a digitally generated pseudo-random sequence has been 
suggested. This would provide a good approximation to 
the ideal rectangular amplitude probability-density function 
desired for a dither signal. Furthermore, by having a com- 
plementary and synchronised sequence generator at the 
receiver the dither could, in theory at least, be subtracted 
completely at a point just before the d.a.c. output filter. 

Provided that the pseudo-random dither signal ex- 
curses sufficient quantising levels* the quantising noise of 
the codec output (after subtraction of the dither) would 
simply be A 2 /12 (as calculated in Appendix I) for all 
programme signal levels, including zero. Thus the idle- 
channel noise would have a constant value of A 2 /12 for all 
d.c. offsets h. 

In practice, however, the addition and subtraction of 
pseudo-random dither would be very complex to implement 
in digital sound-signal systems and the overall improvement 
(as compared with a system using the dither signal des- 
cribed in Ref. 4) is likely to be quite small. 



* The amplitude of the programme signal would have to be reduced 
somewhat to accommodate the added dither signal. 



3.4. Idle-channel noise in real equipment 

Gaussian white noise cannot always be assumed to be 
the dominant form of noise in real equipment and other 
forms of noise, such as mains hum, are instrumental in 
origin, and thus vary from one equipment to another. For 
any given equipment the idle-channel noise may be pre- 
dicted accurately by the foregoing theory provided that the 
statistics of the noise at the a.d.c. input can be accurately 
modelled. Unfortunately where the noise sources are 
diverse in origin, complex dependencies may arise between 
successive noise sample values, which then makes analysis 
intractable. In such instances the analysis may be better 
used to yield a suitable approximation to the observed idle- 
channel noise. 

In real equipment, the noise at the a.d.c. input will 
almost certainly contain components at mains frequency 
and/or its harmonics. In this case a good qualitative 
approximation to the observed idle-channel noise is yielded 
by the following treatment. 

The 50 Hz mains hum frequency is so much lower 
than the sampling frequency that for practical purposes it 
does not introduce correlations between successive noise 
sample values. Thus the 50 Hz hum may be treated simply 
as a time-varying d.c. offset (//). The d.a.c. output under 
these conditions is then predicted to be a 50 Hz square- 
wave component of varying mark-space ratio, depending 
upon the true d.c. offset at the a.d.c. input, together with 
the random idle-channel noise predicted by the analysis 
(with or without dither as appropriate) of the previous 
Sections. The mean square value of the 50 Hz square-wave 
at the a.d.c. output may readily be estimated separately. 
Such analysis readily yields the worst-case value of the idle- 
channel noise, but its long term average value is rather more 
difficult to estimate. 

3.5. Long term mean values of idle-channel noise power 

The idle-channel noise at the output of a codec at any 
given time has been shown to be strongly dependent upon 
the particular offset, h, which persists at that time. Thus in 
comparing different codecs or systems it is convenient to 
consider the long term mean idle-channel noise power 
averaged over a period of several hours. 

In calculating the long term mean value of the idle- 
channel noise it is necessary to estimate the probability 
distribution of h. This clearly depends upon many factors 
including temperature and the design of the codec. How- 
ever, in general there is no reason to suppose that any 
particular d.c. offset within the range excursed is preferred, 
and thus a rectangular probability-density function may be 
assumed for/;. 

Now the mean square value of the idle-channel noise 
varies periodically with /; such that f(/z + «A) = h, and is 
symmetrical in h, such that f («A — h) = f («A + //) (see Fig. 
3). Thus provided that the range of excursion of h is at 
least one quantum step,' so that the complete range of all 
possible values of the idle-channel noise can occur, and 
with the above assumption of a rectangular probability- 
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density function for h, then the long term mean value of 
the idle-channel noise power is independent of the range of 
h. Further, this long term mean value is given simply by 



A/2 



w= f^^ 



(5) 



where E 2 (h) is the mean square idle-channel noise at offset 
h, under the appropriate conditions (i.e. with or without 
dither). 

The integration of Equation (5) corresponds to find- 
ing the area under the appropriate curve of idle-channel 
noise for A/2 < h < in Fig. 3; usually this must be done 
by numerical or graphical methods. 

The long term average mean square values of the idle- 
channel noise in a system with 13 bits per sample, with or 
without dither were calculated from Equation (5) and the 
results of this calculation are given in Table 1. Also shown 
in Table 1, in the second column, is the maximum peak 
signal-to-r.m.s. idle-channel noise ratios that these figures 
represent where here, as throughout this report, the maxi- 
mum peak signal is taken to be half the coding range of the 
a.d.c. In the BBC 13-channel p.c.m. systems the 2 dB 
limiter 'head-room' plus 1 dB guard band would degrade 
these figures by 3 dB. This is not, however, included in 
this or later calculations of signal-to-noise ratio because it 
is merely a convention of a particular system. 

TABLE 1 

Predicted Long Term Average Mean Square Values of Idle- 
Channel Noise in a System with 13 Bits per Sample. 
(Without De-emphasis, Unweighted) 





Average Mean 
Square Value 


Equivalent Peak 
Signal to R.M.S. 
Noise Ratio 


Without dither 
With dither 


0-11A 2 
0-1 3A 2 


81-8dB 
81-1 dB 



3.6. Effects of de-emphasis on idle-channel noise 

Pre- and de-emphasis is often used in signal trans- 
mission and processing system to obtain an improvement 
in the percieved signal-to-continuous noise ratio. In f.m. 
broadcasting de-emphasis at the receiver is used to 'whiten' 
the received noise (i.e. make the spectral density more 
uniform). In this application a reduction in the perceived 
noise is obtained by reducing the relative amplitude of the 
high-frequency noise components to which the ear is most 
sensitive. 

In European f.m. broadcasting the standard pre- 
emphasis characteristic is one defined by a network having 
a 50 /is time constant. In the BBC 13-channel p.c.m. 



sound-signal distribution system the signal is pre-emphasised 
before application to the codec input, thus permitting one 
limiter to protect the whole transmission network. The 
signal is then de-emphasised at the codec output so as to 
present the stereo multiplex coder at the transmitter with 
a non-emphasised signal. (The 50 /is pre- and de-emphasis 
used in the f.m. chain need not concern us here since the 
overall frequency response between the stereo coder input 
and the listener is flat.) The idle-channel noise thus passes 
through the 50 /^s de-emphasis network at the codec output 
and in so doing will undergo modifications to its spectrum 
and thus to its mean square value. 

Q Q 

In the proposed companded p.c.m. systems ' pre- 
and de-emphasis are used to reduce programme-modulated 
quantising noise, this time using a CCITT pre-emphasis 
characteristic. As before the signal is pre-emphasised 
before the codec input and de-emphasised at its output. 
Thus the idle-channel noise has its spectrum modified in 
passing through the CCITT de-emphasis network. (Again 
the 50 jus pre- and de-emphasis used in the f.m. chain need 
not concern us here.) 

The spectral modification imposed upon the received 
idle-channel noise as a result of either de-emphasis charac- 
teristic may be calculated simply by multiplying the pre- 
dicted idle-channel noise spectrum by the appropriate de- 
emphasis response curve. Due allowance must be made 
for the standard line-up levels used with pre-emphasis: for 
50 /is pre-emphasis the net insertion loss of the pre-emphasis 
network at frequencies below that at which pre-emphasis is 
effective (say 100 Hz) is set to be 2 dB; for CCITT pre- 



emphasis the gain may be set to be 4-5 dB at 15 kHz 
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In 



both cases the gain of the de-emphasis network is set to 
give unity gain overall. 

With the above line-up levels the reduction in idle- 
channel noise power is predicted to be: 

(a) For 50 /is de-emphasis 5-4 dB; 

(b) For CCITT de-emphasis 1 -5 dB. 

It may be noted that these figures apply equally to 
systems with or without dither because the shape of the 
power-density spectrum within the signal passband is 
expected to be the same in both cases. However, the 
figures above are based on the assumption of thermal noise 
alone at the codec input and neglects the effect of hum. In 
real equipment hum and its harmonics modulate the idle- 
channel noise, as discussed in Section 3.4 and results in l.f. 
components in the measured idle-channel noise. This l.f. 
weighting of the idle-channel noise spectrum in real equip- 
ment will tend to decrease the reduction of idle-channel 
noise by de-emphasis, or indeed cause de-emphasis to make 
idle-channel noise worse because of the reduction in the 
peak signal amplitude at the coder input to allow h.f. pre- 
emphasis without clipping. 

3.7. Idle-channel noise in cascaded codecs 

Networking considerations in Great Britain may, in 
some cases, require up to 4 codecs to be operated in tandem, 
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and it is thus desirable to be able to predict the idle-channel 
noise at the end of such a chain. Let all the codecs in 
the chain be, for the purposes of the present analysis, 
identical and assume that the sample instants of the separate 
codecs are not locked to the signal or to one another. 
Under these circumstances the idle-channel noise from the 
separate identical codecs is statistically independent, but 
has the same probability distribution of its amplitudes. 
It then follows that the average value of the idle-channel 
noise power obtained by measuring a number of identical 
codecs has the same value as the average value of the idle- 
channel noise measured on one codec at different instants 
of time. 

Thus, if for codecs in tandem the idle-channel noise 
power at the end of the chain is periodically sampled, the 
mean of the samples will be seen to increase linearly with g 
(where g is the number of cascaded codecs) but the standard 
deviation will decrease at \/g. It is thus predicted that the 
idle-channel noise power at the end of a chain of codecs 
will show smaller temporal variation than that of a single 
codec, and, as the number of cascaded codecs becomes 
large, approaches a constant value equal to the sum of the 
long term averages of the separate codecs. 



4. Measurement of idle-channel noise 

4.1. Subjective impressions 

The description of idle-channel noise which follows is 
based on listening tests with a BBC Research Department 
13 bits per sample codec; other types of codec may be 
expected to give similar results. 

If the output of a p. cm. sound-signal codec to which 
no input signal is applied is suitably amplified the idle- 
channel noise can clearly be discerned above the general 
level of hiss from the analogue amplifiers following the 
codec. It is heard as a sporadic impulsive noise together 
with mains hum. 

In the case of a codec without dither the slow drift of 
level is very marked; at times the idle-channel noise is 
barely discernible above the amplifier hiss, at others it 
seems much stronger. The variation in hum level is also 
marked in a codec without dither. During those periods 
when the idle-channel noise is least the hum is barely dis- 
cernible whereas when the idle-channel noise attains its 
maximum value the hum seems to dominate. 

If dither is now introduced the idle-channel noise may 
be noted to change character. It now varies much less with 
time, the noise being more random and the hum com- 
ponents less dominant. Its average level seems to now lie 
somewhere between the worst and best cases when no dither 
is used. 

4.2. Observations of idle-channe! noise with a storage 
oscilloscope 

4.2.1. Codec without dither 

The idle-channel noise at the output of the d.a.c, 
after passing through the d.a.c. output filter (a low-pass 



(a) 



(b) 



Fig. 4 - Idle-channel noise in a system without dither 

filter with a cut-off frequency equal to half the sampling 
frequency), was monitored with a storage oscilloscope. 
Photographs of a single sweep covering an interval of 50 ms 
(5 ms per division) are shown in Figs. 4(a) and 4{b). The 
idle-channel noise was close to its maximum observed 
amplitude during the interval shown in Fig. 4(a) and close 
to its minimum observed amplitude during the interval 
shown in Fig. 4(b). 

In Fig. 4(a) a strong 50 Hz square-wave component 
may clearly be seen, together with more randomly occurring 
impulses. It is suggested that during the interval shown in 
the photograph the quiescent a.d.c. input level had drifted 
to coincide with a quantising threshold. The small mains- 
hum component of the noise at the a.d.c. input thus caused 
the input level to traverse a quantising threshold at the zero 
crossings of the hum waveform; at instants close to these 
zero crossings, when the input level lies very close to the 
quantising threshold, thermal noise causes many additional 
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threshold crossings. The resulting periodic, dense bursts of 
noise can clearly be seen in the photograph. Isolated 
impulses caused by the presence of thermal noise may also 
be seen to occur at other points in the hum cycle. 

In Fig. 4(b) the impulsive nature of the idle-channel 
noise may clearly be seen. It is suggested that in this case, 
during the interval shown in the photograph, the quiescent 
a.d.c. input signal level lay almost midway between quan- 
tising thresholds. Hence the thermal noise and hum at the 
a.d.c. input only rarely traversed a threshold, so resulting 
in only a few noise impulses at the a.d.c. output. The 50 
Hz mains-hum component results in a periodicity of the 
occurrence of the impulses which can clearly be discerned 
in the photograph of Fig. 4(b). 

4.2.2. Codec with dither 

Dither was added to the codec to extend the results 
of the previous Section. Only by using the same codec 



(a) 



under identical conditions can a fair comparison between 
the cases with and without dither be made. 

Photographs of the maximum and minimum observed 
filtered idle-channel noise are shown in Figs. 5(a) and 5(b) 
respectively. The photographs each show a single sweep 
covering an interval of 50 ms (5 ms per division) and have 
the same vertical sensitivity scale as those of Fig. 4. 

Comparing the photographs of Fig. 5 with those of 
Fig. 4 the most immediately observable difference is that 
the variation of the idle-channel noise between the maxi- 
mum and minimum cases is much less when dither is used. 

Comparing the two worst observed cases of idle- 
channel noise in Figs. 4(a) and 5(a) the most noticeable 
difference is that the idle-channel noise varies much less 
throughout the mains-hum cycle when dither is used. 
Indeed, the 50 Hz component of the idle-channel noise is 
only just discernible in the case with dither (Fig. 5(a)). 
This is consistent with the reduced variation between the 
best and worst cases with dither, as noted above. 

Furthermore, comparing the best observed cases of 
idle-channel noise (Figs. 4(b) and 5(b)) it may be seen that 
the minimum observed filtered idle-channel noise is in- 
creased by the introduction of dither; this effect is com- 
plementary to the reduction in the worst-case idle-channel 
noise in producing the observed more constant idle-channel 
noise. 

4.3. Measurements on a digital sound-signai multiplex 
system' 8 ' 

The idle-channel noise at the output of the BBC 13- 
channel p. cm. sound-signal multiplex system between 
Broadcasting House and Wrotham (Kent) was measured 
during the early hours of one morning when the system was 
not required for programme use. Seventeen different 
a.d.c.s were available giving effectively seventeen nominally 
identical p. cm. channels for measurement. 



In all cases the input to the digital coder (at Broad- 
casting House) was terminated by 600U so that all the 
noise present at the a.d.c input was that generated inter- 
nally within the limiter and input stages of the coder. 
Dither was applied at the a.d.c. input in all cases. 



Two measurement techniques were used; in the first 
the idle-channel noise power at the d.a.c. output (after low- 
pass filtering as usual) was measured using a true r.m.s. 
meter; in the second method weighted-noise measurements 
were made via an ASN/3 weighting network followed by 
approximately 1T5 dB of gain and an ATM/1 peak pro- 
gramme meter. With either measurement technique it 
was possible to interpose a 50 us de-emphasis network 
between the d.a.c. output and the noise meter; this 
technique was used to investigate the spectrum of the idle- 
channel noise. 



(b) 
Fig. 5 - Idle-channel noise in a system with dither 
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* The measurements described in this Section were made by D.F. 
Reid and T.A. Moore. 



TABLE 2 



Results of Measurements of Idle-Channel Noise 



Codec 


With 50 /is de-emphasis 


Without de- 


emphasis 












r.m.s. unweighted 


peak weighted* 


r.m.s. unweighted 


peak weighted* 




dBmO 


dBmO 


dBmO 


dBmO 


1 


-65-5 


-64 


-63 


1 


-62 


2 


-66 


7 


-64-8 


—62 


2 


-61-5 


3 


—63 


7 


— 62'5 


-64 


8 


-62 


4 


-68 


2 


— 65'5 


—62 


6 


-61-5 


5 


-68 


6 


—65 


-67 





-63-5 


6 


-70 


5 


-67 


—65 


6 


-63 


7 


-70 


5 


—66-5 


-66 


2 


-63-5 


8 


-66 


5 


-64-3 


—62 


5 


-61-3 


9 


-71 


3 


-67 


-71 





-68 


10 


-69 


2 


-66 


-67 


6 


—65-5 


11 


-65 


3 


-64 -5 


—62 


9 


-61 


12 


-68 





—66' 5 


-62 


4 


-61-8 


13 


-68 


3 


-67 


-64 


6 


—62-5 


14 


-68 


4 


-67 


-63 


1 


-62-5 


15 


-67 


2 


—65 


-62 





-61-5 


16 


-67 


8 


-67 


-64 





—62 


17 


-70-0 


-68 


-63-4 


—62 



Measured with an ATM/1 peak programme meter via an ASN/3 weighting network. 

TABLE 3 
Measured Average Peak Signal-to-R.M.S. Idle-Channel Noise 





Meanx 
dBmO 


Standard 
Error, e, dB 


Equivalent Peak 
Signal-to-r.m.s. 
Noise Ratio, dB 


r.m.s. unweighted with 
50 /us de-emphasis 


-67-5 


0-6 


81-5 


peak weighted, with 
50 n% de-emphasis 


—65-5 


0-4 


79-5 


r.m.s. unweighted, 
without de-emphasis 


-63-5 


0-5 


77-9 


peak weighted, 
without de-emphasis 


-62-4 


0-3 


76-4 



The details of the results obtained for the seventeen 
different systems, with and without 50 /is de-emphasis are 
presented in Table 2. It may be noted that the measure- 
ments were made across a matching 60012 load at the 
codec output. 

For each of the four types of signal-to-noise ratio 
measurement (r.m.s. or peak weighted with or without de- 
emphasis) the mean result, x", of the measurements on the 
seventeen systems was calculated together with the standard 
error of the mean, e. These results are presented in Table 
3. Also shown in Table 3 in the last column is the maxi- 
mum peak signal-to-r.m.s. idle-channel noise ratio that 



these measured idle-channel noise powers represent.* For 
the results with de-emphasis the effective gain of the de- 
emphasis network was set up as described in Section 3.6. 

The measured average maximum peak signal-to-r.m.s. 
idle-channel noise ratio, without de-emphasis presented in 
Table 3 may be compared with the predicted long term 
average peak signal-to-r.m.s. filtered idle-channel noise for 
a system with dither, presented in Table 1. The measured 



* The last column in Table 3 is obtained by subtracting the mean, 
x, from 14 dB; a peak signal is defined as half the coding range of 
the codec, i.e. +14 dBmO. 
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result is found to be 2-7 dB worse than that predicted if the 
noise at the a.d.c. input were Gaussian white noise with 
r.m.s, level —86 dB relative to the maximum peak input 
signal. It is also found that the net improvement in r.m.s. 
idle-channel noise level given by 50 jis de-emphasis is only 
on average 3-6 dB compared with the predicted 5-4 dB, 
(see Section 3.6). 

This last result is strong evidence that l.f. components 
due to hum at the a.d.c. input dominate in the measured 
idle-channel noise; the effect of hum was not included in 
the predicted idle-channel noise. Wide variations in the 
effect of de-emphasis were noted for the seventeen different 
a.d.c.s measured, the net improvement ranging from —1-1 
dB to +6-6 dB, indicating that the hum level varied widely 
in the different a.d.c.s used. 

Comparing the results obtained with the true r.m.s. 
meter (unweighted) and the p. p.m. (weighted) it was found 
that the difference between the idle-channel noise power 
measured using the two techniques varied widely; a range 
between —0-5 dB to —3-5 dB was recorded for the con- 
version factor from peak weighted to r.m.s. in the case of 
no de-emphasis, and a range of between —0-8 dB to —4-3 dB 
was recorded for the measurements with 50 ^s de-emphasis. 

This wide variation in the measured conversion factor 
was expected for two reasons. Firstly, the ratio of the 
quasi-peak noise level recorded on a p. p.m. to the true r.m.s. 
level is dependent upon the shape of the probability 
distribution of the noise amplitudes. For idle-channel 
noise the shape of the amplitude probability distribution is 
strongly dependent upon the statistics of the noise at the 
a.d.c. input, which vary from one equipment to another. 
Secondly, if the measured idle-channel noise comprises hum 
components and continuous spectral components in various 
proportions in the different systems, then, as for the effect 
of de-emphasis, the noise-weighting network will weight 
the measured peak value according to the particular spectral 
distribution of the noise in a particular system. 

It is thus not practicable to define generally-applicable 
conversion factors between measurements with or without 
de-emphasis or between peak weighted and r.m.s. un- 
weighted measurements because the conversion factors are 
strongly dependent upon the instrumentation of the par- 
ticular system measured. 

The peak weighted measurements have the advantage 
over unweighted r.m.s. measurements of relating more 
closely to the subjective annoyance caused by the idle- 
channel noise, but are almost impossible to relate to 
theoretical predictions of idle-channel noise because of the 
difficulty in predicting the response of a quasi-peak reading 
meter (p. p.m.) to non-Gaussian noise. 

4.4. Measurement of the spectrum of idle-channe! noise 

The measurement of the spectrum of idle-channel 
noise is very difficult because of its time-varying nature. 
Clearly a conventional swept-scan spectrum analyser cannot 
be used because it would indicate the peak noise amplitudes 
with the different portions of the spectrum measured at 



different instants of time. Such a measurement would give 
very uncertain results with idle-channel noise. 

The equipment actually used to measure the idle- 
channel noise spectrum was a real-time spectrum analyser 
which measures the r.m.s. noise voltage in 24 third-octave 
bands over the range of 50 Hz to 10 kHz passband centre 
frequencies. This instrument has the facility to measure 
the maximum r.m.s. value in each band on a continual up- 
date basis and this mode was used to record the r.m.s. value 
of the worst-case idle-channel noise. 

A Research Department codec with switchable dither 
was used for the measurements and its input terminated by 
600SI. After allowing time for the codec to reach normal 
operating temperature (several hours) the spectrum analyser 
was switched to record the maximum r.m.s. levels and a 
period of several minutes allowed for the codec to drift 
through its worst-case condition. The initial measurements 
were made with the dither switched off and then repeated 
with the dither on. 

The maximum r.m.s. noise levels recorded in each 
band were plotted for each run using an X— Y pen recorder; 
a specimen chart is shown in Fig. 6. The left-hand scale 
gives the absolute r.m.s. level of the noise in each band in 
decibels above 1 /iV. 

Plot (a) shows the results without dither and plot (b) 
the results with dither. The spectrum may be noted to be 
very similar with and without dither and, neglecting hum 
components, essentially flat. Both these results are in 
agreement with that expected from theory (Sections 3.2 
and 3.3). The hum components at 50, 100 and 150 Hz 
are most marked in the case without dither which is con- 
sistent with the 50 Hz square-wave component of idle- 
channel noise seen in the photograph of Fig. 4(a). The 
addition of dither may be seen to reduce these hum com- 
ponents because the hum at the a.d.c. input cannot then 
cause threshold crossings on alternate cycles of the 50 Hz 
waveform — the square-wave component of the dither 
effectively scrambles the 50 Hz components at the a.d.c. 
input. This confirms the results of the listening tests 
(Section 4.1) and the evidence of the photographs (compare 
Fig. 4(a) with Fig. Mb)). 

The observed reduction in r.m.s. noise level when 
dither is added varies between dB and 5 dB over the band 
(except where results are affected by hum components); 
the average reduction in noise power over this band is 
about 2 dB, which is in reasonable agreement with that 
expected from theory (2-3 dB) when assuming that 
Gaussian white noise is present alone at the a.d.c. input. 

The effect of introducing dither on the total idle- 
channel noise power (including hum components) in the 
15 kHz signal passband was measured using a true r.m.s. 
meter. The codec was allowed to drift with the dither off 
until a peak in the indicated value of the idle-channel noise 
was observed to occur. At that instant the dither was 
switched on and the change in the meter reading noted. 
This procedure was repeated several times and the average 
reduction in r.m.s. idle-channel noise was approximately 
3 dB. 
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Fig. 6 - Spectra of idle-channel noise, measured in one-third octave bands 



5. Conclusions 

In practical high-quality sound-signal p. cm. systems 
without dither idle-channel noise is found to vary between 
almost zero and a maximum value of A 2 /4. When dither is 
added the maximum and minimum values are critically 
dependent upon the amplitude of the 'random' noise at the 
a.d.c. input. Typically a minimum value slightly less than 
A 2 /12 may be expected and a maximum value some 3 dB 
worse. Overall the effect of the addition of dither is to 
make the idle-channel noise more constant. 

The probability density function of the idle-channel 
noise amplitudes is not Gaussian and varies markedly 
depending upon the statistics of the noise at the a.d.c. 
input. 

The predicted power-density spectrum of idle-channel 
noise, neglecting quantised hum components, is essentially 
uniform with or without dither; in practice hum at the 
a.d.c. input modulates the idle-channel noise and introduces 
strong components at mains frequency and its harmonics. 
Because of these l.f. components spectral-weighting for- 
mulae applicable to white noise cannot be used for measure- 
ments of idle-channel noise in real equipment. 

On the codecs investigated in the course of the work 
described, the overall effect of introducing dither was 
found to be beneficial in that the worst-case idle-channel 
noise was reduced. However, it is possible to imagine that 



in the future better codecs might be available in which the 
d.c. offset at the a.d.c. input does not drift from zero. 
Dither would then significantly increase the idle-channel 
noise. 

The theoretical prediction of idle-channel noise has 
been shown to be possible subject to knowledge of the, 
statistics of the noise at the a.d.c. input, but the complexity 
of these statistics in real equipment makes such a prediction 
generally intractable. In contrast to quantising hiss, idle- 
channel noise is critically dependent upon the detailed 
instrumentation of the codecs and thus no generally valid 
estimate of it can be given. 

The best assessment of the subjective annoyance 
caused by idle-channel noise is given by measurements 
performed with a p. p.m. preceded by a noise-weighting 
network. It is not, however, possible to define generally 
useful conversion factors between the measurements thus 
obtained and the true r.m.s. value (weighted or unweighted) 
of the idle-channel noise. 
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Appendix I 
Calculation of quantising hiss in Sinearly-coded p. cm. systems 



Here only linearly-coded p. cm. systems will be con- 
sidered and the analysis restricted to high-quality systems 
with 10 or more bits per sample. Thus the signal range is 
divided into N equally-spaced intervals each of width A, 
where N = 2 q , q is the number of bits per sample, and 
q>10. 

Consider the /th interval contred on value x t . Let 
any input signal lying in the amplitude range 

(Xj - VzA) <x < (Xj + VsA) 

be represented by the quantised amplitude Xj. 

The instantaneous error in the amplitude of the 
quantised signal is thus 



Ej = x — Xj 



Let the probability-density function of the instan- 
taneous input signal amplitudes be p(x)dx; now if the 
amplitude of the input signal greatly exceeds one quantum 
step, A, p(x) is almost uniform within one quantum step. 

Under this important assumption p{x) may be approxi- 
mated by p[Xj), the relative frequency of occurrence of the 
/th level in the quantised signal. The mean square error of 
the signals falling within the /th quantum level is then 



E,- 



(x - x-) 2 p(x)dx 



(A1.1) 



Xj—YiA 
Under the above assumption concerning p(x) this becomes 

HA 
^p(Xj) 



p ( as Ap(Xj) 

Substituting in Equation (A1.2) gives 



(A1.4) 



E 2 = 



N . N 

EA ■\— \ 
1 O X-»^T 



Now 



i = 



N 



i = 



def 






i = 

Thus the mean square quantising hiss is£" 2 = — 

12 



This mean square value represents the total quantising noise 
power of the unsampled quantised signal measured in an 
infinite bandwidth. However, it has been shown that the 
quantising noise power of the sampled signal, measured in 
the Nyquist band, is also equal to that of the unsampled 
signal measured in an infinite bandwidth, ' i.e. A 2 /12. 

Thence, since there are 2 q quantising levels each of 
width A in a system with q bits per sample, and we consider 
an input signal which excurses all 2^ quantum levels, then 
the signal-to-noise ratio is given by: 



2" 

A 



z 2 dz 



peak-to-peak signal 

r.m.s. quantising noise 

VTE 
or, more conveniently, expressed in decibels; 

peak-to-peak signal 

20 log — — — = (Qq + 10-8) dB 

r.m.s. quantising noise 



It is usually convenient to consider sinusoidal signals 
in terms of peak value (one half the peak-to-peak value). 
Hence: 



1 
12 



-72 A 



p{Xj)A 3 



(A1.2) 



The probability that the input signal amplitude falls 
within the /th interval is 



f 



def 
p f = | pMdx 



(A1.3) 



Again using the assumption concerning p{x) this gives 



20 log 10 



peak signal 



r.m.s. quantising noise 



— = (6q+4-8) dB 



The above analysis applies only if the assumption 
concerning the uniform distribution of the input signal 
amplitudes within the quantum levels is valid; this is 
clearly not the case for small signals. With large signals 
the above analysis shows the probability-density function 
of the quantising noise to be rectangular; its power-density 
spectrum is, except for highly correlated input signals, 
white. 

If dither is employed to mask granular distortion at 
low signal levels the codec output signal-to-noise ratio is 
reduced by about 1-5 dB. 
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Appendix (I 



Theoretical estimation of the power-density spectrum of idle-channel noise in 

systems without dither 



A sampled and quantised analogue signal may be 
represented as a sequence of impulses: 



v(/] = rV v m b(t-mT) 



(A2.1) 



The decoded signal at the system output is that con- 
tent of v[t) which exists in the frequency band of interest, 
usually ±co s /2 (where co s = sampling frequency and 
T= 2tt/co s ). 

When no input signal exists (except for a noise or 
dither signal) the terms on the right hand side of Equation 
(A2.1) represent the idle-channel noise components. 

The standard technique for determining the power- 
density spectrum of a signal is to derive its autocorrelation 
function (a.c.f.) and then find the Fourier transform of 
the a.c.f. 



The autocorrelation function of any signal v(t) is 
given by: 



R(s) = lim 



;{ 



v(t) v(t + s) 6t 



(A2.2) 



i.e. it is the average of the product of sample values taken s 
seconds apart. 

Here, however, v(t) is already sampled. Thus the 
continuous variable s may be replaced by the discrete 
variable mT (where T is the sampling interval and m is 
integer) and the integration of Equation (A2.2) replaced by 
the summation of a series. Viz: 



R m = R(mD = r|Eb rt+w ]| (A2.3) 

where the E denotes the statistical expectation (or average). 

We assume that the input noise signal is such that the 
output signal has an amplitude probability distribution such 
that p n is the probability that samples of amplitude nA 
occur (n is integer). 



When m = 0; 



(nA) 2 p n (A2.4) 



T 



When m ¥= 0, successive samples v k are independent. Then 
R m = T{Elv k v k+m ]} =T{E[v k ] E[v k+m ]} 



= r|E[v /t ]} 2 =rJ^ (nA)p,i 



(A2.5) 



R is the total output noise power made up of components 
from all frequencies including d.c. 



(A2.5) 



Now from Equation (3) (Section 3.2) and Equation 



H - Tji 



(m=£Q) 



and by Equation (4) (Section 3.2) 

E 2 = } p n (nA - /I) 2 



(A2.6) 
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Fig. 7 - Autocorrelation function of idle-channel noise in a system without dither 
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thus by Equation (A2.4) 

R = T(E 2 +ju 2 ) 



Then here 



(A2.7) 



The a.c.f. of the noise samples is of the form shown 
in Fig. 7 and consists of: 

(i) an impulse train of period T, each impulse 
having a strength T/d 2 . 

plus (ii) an isolated impulse of strength (R Q — T/j 2 ) 
i.e. TE 2 , at m = 0. 

This a.c.f. transforms to give (see Fig. 8): 



(i) 



a series of components at d.c, ±co s , ±2co s etc. all of 
equal strength, (Fig. 8(a)). 



a uniform spectral density S(u>) 
frequencies, (Fig. 8(b)). 



TE 2 , over all 



The noise power, W n , in the audio band is found by 
integrating (ii) over the region ±co s /2. (The first term has 
a component at d.c. but this is not usually of interest in 
audio work.) 



"■-=J 



S(oo) dw 



2 

i 



W n = — 1 TE 2 dco = E 2 

2 



(A2.8) 



Thus, as predicted in Section 3.2, the total idle-channel 
noise power in the Nyquist band is equal to variance of the 
amplitude distribution of the unsampled quantised noise. 
Furthermore, it has now been shown that the spectrum of 
the idle-channel noise is uniform i.e. the noise is white. 

As an example consider the case where h = A/2 (i.e. 
the quiescent level coincides with a quantising threshold) 
and o<A/2 (so that only one quantising threshold is ever 
excited by the thermal noise at the a. d.c. input). Thus 
Equations (1) and (2) (Section 3.2) give: 

p = 0-5 i.e. equal probabilities of noise samples 
Pj =0-5 of amplitude or A 

Equation (3) gives the d.c. component of the output noise: 

H = 0-5A + 0-5 (0) 

= 0-5A 



-2to e 



-cu c 



4\ 



5(cu) 



f£* 





(a) 
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2tu c 






(b) 
Fig. 8 - Components of the power-density spectrum of idle-channel noise in a system without dither 
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Equation (4) gives the mean square value of the idle-channel 
noise: 



E 2 = 0-5(A - 0-5A) 2 + 0-5(0 - 0-5A) 2 = 0-25A 2 



Thus by Equations (A2.7) and (A2.8) the idle-channel 
noise power in the Nyquist band is, for this particular offset 
h (and a < A/2) equal to 0-25A 2 . In fact this is the worst- 
case idle-channel noise and the value is only weakly depen- 
dent on 0(0 < A/2). 



Appendix III 
Theoretical estimation of idle-channel noise power in systems with dither 



This situation may be analysed using an approach 
similar to that used in Appendix II. However, the ampli- 
tude distribution of the noise at the a.d.c. input is now 
modified by the presence of dither. In particular, because 
of the half-sampling frequency component of the dither 
successive noise samples are not independent. 

However, suppose that at some instant of time a noise 
sample is selected as reference. Starting with this sample 
alternate samples are then inspected. Now in every one of 
the inspected samples the half-sampling frequency com- 
ponent of the dither has the same phase and thus may be 
treated as a fixed d.c. offset. The random noise amplitude 
on each sample is independent and thus the amplitudes of 
successive samples within this set are statistically indepen- 
dent. Let these be termed the b samples. 

Similarly the other half of the samples (call these the 
c samples) are statistically independent. Thus we may 
represent the quantised and sampled signal as the sum of 
two independent sample impulse trains: 



m even m odd (A3.1) 

c samples 







b samples 


The a.c.f. may then be written as: 


| 


~* ** 


k even 


R m = TVAE 


v k v k+m 


m even + V2E 




_ 


all A; ) 


+ E 


v k 


v k+m 


rr 

rr 


odd > 

=#0 I 



v k v k+m 



k odd 
m even 



(A3.2) 



Now if R bm is the a.c.f. of the b samples, R cm the a.c.f. of 
the c samples and R c6m the a.c.f. of the b samples with the 
c samples then 



R 

1 \ v 



Y*R bm + 1 / 2 R cm + R cbm 



(A3.3) 



In particular we note that if, as in Appendix II, the b and c 
samples are independent then R cbm = and R bm = R cm . 
Equation (A3. 2) is then in agreement with Equation (A2.3). 

To calculate R m we need an expression for the 
amplitude probability distribution of the samples, Vj ( , at 
odd and even instants, i.e. on c and b samples respectively. 



The probability distribution functions will clearly be 
different for each of the two sets of samples, thus let p bn 
and p cn be the probabilities that samples of amplitude «A 
occur in the b and c sets respectively. 

These probabilities may be evaluated from Equation 
(1) (Section 3.2) with here, j3 = (« + 1 / 2 )A - (h + A/4) for 
the b samples, and /?=(« + 1 /a)A - (h - A/4) for the c 
samples. Then evaluating the a.c.f.s: 

For m = 



R b0 = ry (nA) 2 Pbn 



r co = f y; («a) 2 Pcn 



jLj 



and by Equation (3.2) 
For m even, m^O 



R o = ,/2 « R fto + R C o> 



I k even 
R bm =TE ) v k v k+m\ mewn 



Ik even 
Vi,. m \m even 



Similarly 



> (nA)p bn 
n 



(A3.4) 



(A3.5) 



For m odd, m =£ 0; 



( | all A: 

R bcm = TE ) v k v k+m\ modd 



TE \ v k\ E \ v k v k+m\ moM 



(«A) p c 
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Fig. 9 - Autocorrelation function of idle-channel noise in a system with dither 

The noise power, W n , in the audio band (excluding 



(«A) p bn and M c = > («A) p c „ 



oj 12) is then given by: 



then for even m, m ^ 0; 
R 



jEm ~ ^f R lm + R cm' 



y 2 r(Mi 2 +Mc 2 > 



" 2tt 



(A3.6) 



for odd m, m¥^0; 



R 



'Dm 



R 



cbm 



(A3.7) 



2 

J 

-til 
2 

1 Z-2 

J "s 



5(co) dw 



= Tv-bP-c 

The a.c.f. is of the form shown in Fig. 9 consisting of: 

(i) an impulse train of period T, strength Tji b ix c , 

plus (ii) an impulse train of period 2T, strength 
%nju 6 -/z c ) 2 

(iii) an isolated impulse at m = of strength 
R Q -R Em ,i.e.R -V,T(n b 2 +n c 2 ). 

This a.c.f. transforms to give the following spectral com- 
ponents: 

(a) Components at d.c, ±co s , and its multiples - each 
component of strength ii b n c . 

(b) Components at ±w s /2 and its multiples - each com- 
ponent of strength 1 /a(ju ft — H c ) 2 . 

(c) A uniform spectral density 5(co) = R Q — R^ over 
all frequencies. 



2ir 

1 
_ 



H Em dw 



R o ~~ R Em 



(A3.8) 



Now if E 2 is the variance of the p.d.f. of the composite 
sample sequence (i.e. the square of the r.m.s. value of the 
quantised noise prior to sampling) then 



H = T(F 2 +/u 6 /i c ) 



and therefore 



R, 



R E = T(E 2 -%{n c -n b ) 2 ) 



thus by Equation (A3. 8) the noise power in the audio band 
is: 



W.=E 2 _%0i c -/i 6 ) 



(A3.9) 



i.e. the mean square value of the quantised noise plus 
dither, minus the half-sampling frequency component. 
Furthermore, we have shown that (excluding the half- 
sampling frequency component), the spectral density of the 
noise is uniform. 
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